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TITLE OF THE INVENTION 

Method and Apparatus of Peak-to-Average Power Ratio Reduction 
5 BACKGROUND OF THE INVENTION 

The invention relates to a method and apparatus for reducing peak-to-average 
power ratio in telecommunications systems. 

Multi-Carrier (MC) modulation techniques [1] and in particular Orthogonal 
10 Frequency Division Multiplexing (OFDM) [1] constitute efficient modulation 
schemes, which are suitable for wireless broadband communications. In recent years 
several industrial standards based on OFDM have emerged, such as the Terrestrial 
Digital Video Broadcast (DVB-T), the IEEE 802.11 Wireless Local Area Network 
(W-LAN) scheme, as well as the IEEE 802.16 Broadband Wireless Access (BWA) 
15 standard. The more extensive employment of these systems is limited by their 
relatively high implementation cost, which is a consequence of requiring high- 
linearity, Class A amplifiers having a low power-efficiency. This requirement is 
imposed by the high Peak-to-Average Power Ratio (PAPR) of the OFDM signal, 
potentially resulting in non-linear distortions producing upper harmonics of the signal 
20 and associated out-of-band emissions [2,3]. The most problematic non-linear 
component within the transmission chain is the Power Amplifier (PA). 

The most straightforward method of improving the linearity of the PA is to use 
an amplifier 'back-off, implying that the PA is configured to operate at a certain 
power, which provides a sufficiently high head-room for the high modulated signal 
25 peaks to be amplified without clipping. This allows the entire input signal to be 
amplified within the PA's linear range. Back-off results in inefficient operation of the 
PA. In some systems the power back-off requirements are as high as 12dB. In terms of 
system costs, this translates into requiring a more than 10 times more powerful PA, 
which may be significantly more expensive. Therefore, the only attractive solution for 
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improving the cost efficiency of MC systems is the reduction of the PAPR of the 
signal. 

The PAPR properties of MC signals are now discussed. The non-linear 
distortion effects imposed by the PA manifest themselves as a reduction of the signal 
5 amplitude peaks according to the PA's Amplitude-to-Amplitude (AM/AM) 
conversion characteristic. A typical AM/ AM transfer characteristic can be seen in 
Figure 1. The intercept point in the figure indicates the so-called 1 dB compression 
point, where the output power level is ldB below the expected linear transfer function 
as a consequence of the compression of high output signal peaks. 

10 The power of the distortion products produced by the PA is often defined as 

the amount of signal energy fed into the PA in excess of that corresponding to the ldB 
compression point. This quantity may be further characterized by the Peak-to- 
Average Power Ratio (PAPR) properties, i.e. by quantifying the statistical deviation 
of the input signal power peaks from the Root Mean Square (RMS) power. The 

15 signal's PAPR properties can also by characterized by the Threshold Crossing 
Probability (TCP), i.e. by the probability that the signal amplitude exceeds a certain 
threshold level. The TCP plot recorded for several single carrier modulation schemes 
and for a 1024-subcarrier OFDM scheme is depicted in Figure 2. 

In case of OFDM the transmitted baseband signal may be represented as: 

20 

K-l 

s{t) = Yl ( a * + jbk) exp{-j27rv k t), 

(1) 

where K is the number of subcarriers, while a k and b k are the real and 
imaginary c omponents o f t he c omplex m odulating s ymbols o f t he K subcarriers, 
respectively. For example, for 16-QAM modulation a k and b k may assume the 
25 equiprobable values of {-3, -1, 1, 3}. From the central limit theorem it follows [8] that 
for large values of K (in practice for K exceeding 64), both the real and 
imaginary component of s(t) become normally distributed variables having a mean of 
zero. Hence the amplitude of the complex baseband OFDM signal (for K > 64) i s 
complex Gaussian, or - synonymously - Rayleigh distributed. The distribution of the 



instantaneous power level hence becomes a central chi-square distribution with two 
degrees of freedom. In tangible physically interpreted terms the high PAPR is a 
consequence of the constructive superposition of high subcarrier values of numerous 
subcarriers. 

5 Numerous studies have been published in recent years [1] which provide 

alternative solutions to the PAPR problem, for example [18, 14, 1 1, 19, 20, 21, 22, 23, 
15, 16, 24, 9, 25, 26, 27, 28, 17, 29], However, only a few of these have found their 
way into practical implementations. Some examples of previously proposed 
solutions, along with their associated limitations are as follows. 
10 1. The introduction of a spectral guard band has the potential of 

preventing the spectral spillage of high-order non-linear distortion products into 
adjacent bands and hence mitigates the associated power back-off as well as linearity 
requirements. However, this approach is spectrally inefficient. 

2. The employment of specific coding schemes reducing the PAPR 
15 [4,5,6] affects the design of the Forward Error Correction (FEC) coding scheme and 

hence may degrade the efficiency of the FEC code, as well as reduce the effective 
throughput, since they introduce redundancy by setting the parity bits of the associated 
block codes, such that they minimize the PAPR. Moreover, it is not a trivial task to 
find appropriate PAPR reduction codes for systems having a large number of 
20 subcarriers. 

3. The set of distortionless techniques proposed in [12,13,14,15,16,17] 
may increase in importance for employment in future systems, although they exhibit a 
high complexity. 

4. Clipping and filtering the modulated signal [7,8] as well as employing 
25 peak windowing [8,9,10,11] can be useful, but may introduce severe in-band 

distortions of the modulated signal, as now discussed. 

The method introduced in [9] proposes to reduce the peak-to-average power 
ratio of the modulated signals such as OFDM or CDMA by canceling the large signal 
peaks with the aid of subtracting an appropriately designed reference function. Since 
30 the OFDM modulated signal is a composite multicarrier signal, while that of CDMA 



is a multichip signal, in [9] they were termed as composite-carrier signals. More 
specifically, the reference function is time shifted and scaled in such a way that after 
subtracting it from the original signal it reduces the peak power of at least one signal 
sample. In [9] it was proposed that the reference function should be selected such that 
5 its bandwidth was approximately or exactly the same as the bandwidth of the 
transmitted signal. This assures that the peak- to-average reduction procedure will not 
impose any out-of-band interference. An example of such a reference function was 
introduced in [9] which is a sine function. It can be inferred therefore that the power 
of the peak cancellation signal is accommodated within the bandwidth of the 

10 information-carrying signal, hence causing significant in-band interference. 
Furthermore, in [9] the peak detection procedure is performed directly after the IFFT 
stage of the transmitter, resulting in poor peak-capture accuracy. 

A technique somewhat similar to that of [9] is proposed in [11] for 
employment in CDMA-based systems. In [11] the PAPR reduction procedure is 

15 performed after oversampling the signal. Furthermore, an error signal is generated 
first by comparing the original oversampled signal with an amplitude threshold. The 
resultant error signal is then filtered by a shaping filter, reducing the associated out-of- 
band emission. Finally, the filtered error signal is subtracted from the original signal 
for the sake of producing a reduced-PAPR signal. Similarly to [9], the major 

20 disadvantage of the method advocated in [11] is that it imposes significant in-band 
distortion of the resultant signal. 

The technique advocated in [17] utilizes one or more frequency tones of a 
Discrete Multi-Tone (DMT) signal for accommodating a PAPR reducing signal, 
where the modulating signal was chosen for minimizing the PAPR. In [17] it is 

25 proposed to choose the appropriate set of frequency tones for PAPR reduction based 
on the a posteriori information about the transmission link's frequency-domain 
transfer function. While this choice of the redundant sub-carriers is attractive, the 
technique assumes the explicit knowledge of the charmers transfer function at the 
transmitter, which is not readily available unless it is explicitly signaled by the 
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receiver. Other disadvantages of the approach of [17] will be highlighted later in this 
section. 

The method proposed in [17] was further developed in [15], where the 
reduction of the peak-to-average power ratio was also achieved by introducing a peak- 
5 reduction signal, conveyed by a certain subset of frequencies within the transmitted 
signal's information carrying bandwidth. An implementation example is provided 
where a reference function termed as a kernel signal is generated, which 
accommodates the peak-reduction signal by a specific subset o f frequencies. F irst, 
similarly to [9] and [11], a time-domain peak detection procedure is invoked. Then 

10 the reference function is adjusted and subtracted from the original signal to negate at 
least one peak sample of the transmitted signal at a time. The PAPR reduction 
procedure of [15] can be performed iteratively for removing any new peak samples 
produced during the previous PAPR reduction operation. The appropriate subset of 
frequencies invoked for accommodating the redundant signal can be chosen randomly, 

15 pseudo-randomly or based upon various other criteria, such as the channel's transfer 
function. The techniques outlined in [15] and [17] have the disadvantage that they 
impose a certain spectral efficiency degradation, since part of the useful bandwidth is 
employed for conveying a PAPR reduction signal. Moreover, the methods of [15,17] 
require the transmission of additional side information about the frequency position of 

20 the subcarriers used for accommodating the redundant PAPR-reduction signal. 
Finally, the techniques of [15,17] are not amenable to employment in the context of 
the existing family of standardized multi-carrier communication systems, such as the 
802.1 1, or DVB-T systems. 

Crest factor reduction was also achieved by applying a correction vector to the 

25 transmitted data vector in [18]. The method of calculating the corresponding 
correction vector is briefly introduced in [18] in the context of OFDM and DMT. 
However, the method of [18] exhibits significant disadvantages. Specifically, a poor 
performance is achieved as a consequence of implementing it before oversampling. 
Furthermore, an in-band signal-to-noise ratio degradation is imposed by the correction 



vector. Finally, the method of [18] exhibits a high degree of implementation 
complexity as a result of its iterative nature. 



SUMMARY OF THE INVENTION 

The invention provides a frequency-domain guard band aided method of 
reducing the peak-to-average power ratio of a modulated baseband signal, where the 
5 baseband signal is constituted by a waveform function, such as OFDM or MC- 
CDMA, modulated by information-carrying symbols transmitted in parallel. 

The method can be assisted by the generation of a pulse sequence formed by 
detecting the original signal's power envelope peaks that exceed a threshold. 

Peak detection can be performed after the signal is over-sampled. This ensures 
10 accurate detection of the power envelope peaks. 

The method can include filtering of the pulse sequence indicating the positions 
of the high envelope peaks, which is carried out by the pulse sequence shaping filter, 
resulting in a peak-cancellation signal. 

The shaping filter can be designed such that its pass-band is limited to the 
15 frequency-domain gap between the edge of the information-carrying frequency 
bandwidth of the signal and the edge of the channel' s frequency band defined by the 
spectral mask specifying the maximum tolerable out-of-band emission. 

The filtered peak-cancellation signal is advantageously subtracted from the 
original signal for the sake of producing a desired signal having reduced PAPR. 
20 The method can be applied to digital video broadcasting as well as OFDM for 

mobile communications, for example VSF/OFCDM which may use lOOMb/s air 
interface technology. 

The invention also provides a transmitter comprising: 

a baseband signal generator for generating a digital baseband signal (s[n]) 
25 from an input data stream; 

a digital-to-analogue converter for converting the digital baseband signal into 
an analogue baseband signal (s[t]) prior to output by a transmitter stage [TX]; 

an oversampling filter arranged between the baseband signal generator and 
digital-to-analogue converter for oversampling the digital baseband signal and thus 
30 generating an oversampled digital baseband signal (s[m]); 



a signal divider for splitting the oversampled digital baseband signal into first 
and second parts; 

a peak detector arranged to receive the first part of the oversampled digital 
baseband signal as input and configured to output a pulse sequence signal (p[m]) 
5 containing a pulse for each peak in the oversampled digital baseband signal that 
exceeds a threshold level (Q; 

a pulse shaping filter for receiving the pulse sequence signal and converting it 
into a filtered clipping signal (c[m]); and 

a signal combiner for subtracting the filtered clipping signal from the second 
10 part of the oversampled digital baseband signal so as to produce a digital baseband 
signal (s'[m]) with reduced PAPR which is routed to input into the digital-to-analogue 
converter for transmission by the transmitter (TX). 

It will be understood that the term transmitter should be construed to include 
relay stations or repeaters that server to re-transmit signals, as well as to the original 
15 transmitters. 

The pulses of the pulse sequence signal preferably have a magnitude 
corresponding to the amount by which the peak concerned exceeds the threshold level 
(C). In an embodiment of the invention, the pulse shaping filter is a FIR filter. 

The invention is free from the in-band interference limitations of [9], since the 

20 SNR degradation imposed within the information-carrying signal's bandwidth is 
insignificant and controllable. This follows from the use of a FIR filter for shaping 
the peak cancellation signal, rather then shifting and scaling the reference function as 
in [9]. Furthermore, in the invention, a peak cancellation procedure is performed after 
oversampling in the transmitter to provide accurate peak capture. This is preferable to 

25 [9] in which peak detection is performed directly after the IFFT stage of the 
transmitter, i.e. without oversampling, which results in peak capture accuracy that is 
too poor for some types of systems. 

The invention has the following virtues: 
a) The peak cancellation signal introduces no significant spectral efficiency 

30 reduction. 

i 
i 
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b) The peak cancellation signal introduces a low and controllable amount of SNR 
degradation within the information-carrying frequency bandwidth. 

c) The method is compatible with the family of existing standardized OFDM- 
based communication systems such as DVB-T and IEEE 802.11 Wireless Local Area 

5 Network (W-LAN) scheme. 

d) The method is independent of the particular structure of the information- 
carrying signal, thus it can be employed in conjunction with virtually any modulation 
scheme exhibiting a high peak-to-average power ratio, such as for example OFDM, 
CDMA or MC-CDMA. 

10 e) The method has a low computational complexity employing a peak detector 
and an FIR filter, dispensing with iterative optimization. 

f) The method can be implemented by upgrading the transmitter without 
modifying receivers, which is a major advantage for wireless telephony applications. 

g) The method avoids using carriers that lie in-band as advocated in some prior 
15 art proposals. 
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BRIEF DESCRIPTION OF THE DRAWINGS 

For a better understanding of the invention and to show how the same may be carried 
into effect reference is now made by way of example to the accompanying drawings. 

5 

Figure 1 : Typical amplifier output power (OP) versus input power (IP) response. 



Figure 2: Signal power Threshold Crossing Probability (TCP) versus the Threshold- 
to- Average Power Ratio (TAPR) for 4, 16 and 64 QAM single carrier modulation 
10 schemes and for 1024-subcarrier OFDM. The RMS value of all the signals was 
normalized to unity. 

Figure 3: Detailed OFDM transmitter according to an embodiment of the invention 
showing the PAPR reduction blocks 

15 

Figure 4: Snapshots of amplitude (A) versus time (t) of the original OFDM signal 
$[m], the pulse sequence p[m], the filtered clipping signal c[m], and the resultant 
OFDM signal s'[m], generated after the PAPR reduction stage of Figure 3. The 
clipping threshold level of C = 0.25 is also shown. 

20 

Figure 5: Stylized spectral masks specifying the pulse sequence shaping filter as 
magnitude (M) versus normalized frequency (/). The choice of the particular 
parameters A and B is representative of the DVB-T system. The characteristics of the 
desired pulse-sequence shaping filter mask (filter mask labeled with triangles) are 
25 defined by the out-of-band emission requirements imposed by the FCC (FCC mask 
labeled with squares), and by the DVB-T signal's power spectral density function 
(OFDM signal labeled with circles). The bold line represents the shaping filter's 
transfer function requirements. It can be seen that most of the clipping signal's power 
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is concentrated in the frequency-domain gap between the edge of the OFDM signal's 
spectrum and the spectral mask edge. This is necessary for ensuring that the clipping 
signal will introduce low in-band distortion, defined by the attenuation level A, as well 
as, virtually no out-of-band emission, defined by the attenuation level B. 

5 

Figure 6: FIR pulse-sequence shaping filter impulse response using Kaiser 
windowing and a = 8 in terms of amplitude (A) versus tap number (n-r). 

Figure 7: FIR pulse-sequence shaping filter transfer function using Kaiser windowing 
10 and a = 8 plotted as magnitude (M) versus normalized frequency (/). 

Figure 8: Power Spectral Density (PSD) functions plotted as magnitude (M) versus 
frequency (f) of both the original 2K mode, 6 MHz bandwidth, DVB-T signal 
transmitted using a 23dB gain RF power amplifier having a 6dB power back-off 
15 (labeled I/P), as well as that of the same signal processed by the proposed PAPR 
reduction algorithm (labeled O/P). The spectral mask defined by FCC, imposing the 
out-of-band emission requirements for the DVB-T transmission is also shown (labeled 
FCC). 
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DET AILED DESCRIPTION 

The impact of the amplifier- induced non-linear distortions manifests itself as: 

1. in-band waveform distortion, resulting in a Signal-to-Noise Ratio 
5 (SNR) degradation, and 

2. out-of-band emission of high-order non-linear distortion products 
resulting in adjacent channel interference. 

The relative importance of these effects varies in the context of different 
applications according to the particular SNR and out-of-band emission requirements 

10 of the system considered. However, in most practical cases the out-of-band emission 
is the limiting factor, which defines the amplifier back-off requirements. 

The square-root Nyquist-shaped transmit filter of multi-carrier systems, such 
as OFDM, typically exhibits a low Nyquist roll-off factor. In the transition-band of 
the transmit filter typically virtual subcarriers are allocated, which carry no useful 

15 information. Additionally, often a certain frequency domain guard band is used for 
eliminating the potential adjacent-channel interference, hence the transmit and receive 
filtering does not distort the frequency domain modulated signal. 

The proposed PAPR reduction technique of the invention employs this 
frequency domain guard b and for accommodating the spectrum o f an appropriately 

20 designed clipping signal, which assists in reducing the PAPR of the OFDM signal. 
This clipping signal is designed such that the in-band distortion imposed by the 
clipping procedure is minimized. The idea of using a fraction of the useful data- 
bearing subcarriers for carrying a signal which reduces the PAPR was previously 
introduced in [13]. The philosophy of employing these redundant PAPR-reduction 

25 subcarriers may be interpreted as comparable to using the previously mentioned 
block-coding scheme, which incorporates redundant bits in the time domain. 
However, the solution advocated in [13] was computationally demanding, and it was 
unsuited for employment in numerous standardized OFDM systems, such as DVB-T. 
Our proposed method adopts a different approach, as it will be outlined below. 
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Let us consider a generic channel coded OFDM system, including the 
proposed PAPR reduction block, as depicted in Figure 3. The IFFT block of Figure 3 
produces the complex discrete baseband signal of 

K ~ l kn 
«M = H (o* + j6jb)expj27r— , 
5 *=o K (2) 

where, again, K is the number of subcarriers, while a k and b k are the real and 

imaginary components of the complex modulating symbols, respectively. After 

appending the cyclic prefix this signal is then parallel-to-serial (P/S) converted, 

oversampled by a factor of /, namely by inserting (7-1) zero samples after each 

10 signal sample and filtered by an interpolation filter, in order to produce the discrete 

complex valued signal of 

S[m] = T,f[l]z[((™-l)<tivr + P) mod J- 

15 

5[(m - l) mod r ] , (3) 
where m is the sample index, /[/] is the I th tap of an (L + i) tfl order 
interpolation filter, P is the cyclic prefix duration expressed in terms of the number of 
samples before oversampling, while S[ ] is the Kronecker delta function. The signal 
20 §[m] is then fed into the Digital to Analogue Converter (D/A) of Figure 3 for 
generating the analogue baseband signal s(t). The in-phase and quadrature-phase 
signals are used for conveying the real and imaginary components of the complex 
baseband signal. The analogue baseband signal s(t) is first up-converted to the 
intermediate frequency, producing a real-valued analogue pass-band signal. Finally, 
25 the resultant signal is fed into the Radio Frequency (RF) transmitter (TX), where it is 
up-converted to the desired RF carrier frequency and amplified. 

The resultant real signal x(t) at the input of the PA may be represented as: 



-14- 



x(t) = »{*(*) exp 0'2tt/ c *)} , (4) 

where K{} represents the "real part of {}", f c is the frequency of the carrier and 
s(t) represents the complex envelope of the modulated signal x(t). 

The crest-factor reduction algorithm is now described. The proposed algorithm 
detects and removes high instantaneous signal power peaks, before the signal is fed 
into the RF transmission chain. More explicitly, we endeavored to remove the power 
peaks e xceeding a certain power threshold of C 2 , by clipping the modulated signal 
envelope peaks satisfying the condition 

x 2 (t) > C 2 . ( 5 ) 

Since in Eq. 4 we have exp (j27rf c t) < 1, it may be inferred that for x 2 (t) > C 2 
we have \s(t)\ > C. Therefore the appropriate point to include the peak detection and 
clipping arrangement within the transmitter schematics of Figure 3 would be at the 
output of the oversampling and interpolation filtering stage, producing the signal 
s[m]. 

First the high peaks have to be detected. The goal of this task is to analyze the 
baseband OFDM signal and to identify the amplitude peaks exceeding the voltage 
threshold level C. This produces an oversampled signal sample sequence 
constituted by the signal peaks exceeding C in the following form: 

p[m] = ^2 (s[ m ] — C)6[m — mj, 

i (6) 

where i is the non-uniformly spaced sample index running over the specific 

set of samples, which exceed the threshold C. These non-uniformly spaced index 

values irii are defined by 

slmA = max {sfml}, 

m'.<m<m;/ 11 JJ (7) 

where s[mj] represents a sample on the rising edge of the signal, where it 
first exceeds the threshold C, while 5[rn^] is a sample, where the signal peak dips 
below the threshold C following an excursion above it. The resultant pulse 
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sequence p[m) is depicted in Figure 4 with the aid of the black bars at positions of 
approximately 2. 2^s and 5.2fj,s, respectively. 

The pulse sequence p[m] is then processed by a shaping filter. The design of 
an appropriate shaping filter will be discussed below. In case of an L th order Finite 
5 Impulse Response (FIR) filter having an impulse response /[/], the filtered clipping 
signal c[m] can be expressed as the convolution of f[l] and p[m] 9 yielding: 

c[m] = S/Mplm-*]. 

i=o (8) 

Finally, the filtered clipping signal c[m] is synchronized with and subtracted 
10 from the discrete original OFDM signal s[m], in order to produce the desired signal 
having a reduced PAPR as follows: 

s'[m] = s[m — v] — c[m], (9) 
where v is an integer delay introduced for ensuring the appropriate time 

15 alignment of the signals. The required value of v depends on the delay of the 
particular shaping filter design used and on the peak detection scheme's structure. 
The detailed structure of the resultant OFDM transmitter is depicted in Figure 3. 
Snapshots of the original modulated signal §[m] of Eq. 3, the detected pulse 
sequence p[m], that of the filtered clipping signal c[m] shown in Eq. 8, as well as 

20 the resultant OFDM signal $'[m] obeying Eq. 9 can be seen in Figure 4. 

The shaping filter design is now described. The salient feature of the proposed 
method is the choice of the pulse-sequence shaping filter. This filter is used for 
shaping the discrete pulse sequence generated by the detection of the peaks of the 
baseband OFDM signal, which exceed the amplitude threshold C. The 

25 characteristics of the desired filter's spectral mask are defined by the out-of-band 
emission requirements expressed in terms of the spectral mask imposed by the Federal 
Commission of Communications (FCC) [30] on a particular OFDM signal's power 
spectral density function. The corresponding spectral masks are represented in Figure 
5. Observe in Figure 5 that the OFDM signal's spectral mask was designed such that it 
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does not fully occupy the entire pass-band of the FCC's spectral mask, leaving a 
guard-band of width Af between the masks indicated by the squares and circles. The 
bold lines indicate the desirable spectral characteristics of the clipping signal, which 
again is expected to have a low Power Spectral Density (PSD) within the useful 
5 signal's band for the sake of minimizing the in-band distortion of the useful signal's 
spectrum. The majority of the clipping signal's PSD is expected to fall within the 
guard band. More explicitly, by appropriately designing the clipping signal will 
introduce only a low in-band distortion, which is below the attenuation level A, while 
inflicting virtually no out-of-band emission, which must be below the attenuation 
10 level B. Thus, the spectral-domain Transfer Function (TF) of an appropriate filter is 
expected to comply with the spectral requirements summarized in Table 1 . Below we 
will consider an appropriate FIR shaping filter design. 

Table 1 : Pulse sequence shaping filter requirements 

1. Exhibit an attenuation of A dB within the baseband OFDM 
signal's transmission band, where A is a configurable system parameter, 
which defines the amount of in-band distortion introduced by the peak 
clipping process. The role of the parameter A becomes explicit in the 
spectral mask of Figure 5. 

2. Exhibit a pass-band width of Af having an attenuation of 0 dB 
at the edge of the baseband OFDM signal's transmission band. 

3. Impose a stop-band attenuation of at least B dB. 



15 The FIR pulse sequence shaping filter design is now described. We will 

commence by stipulating a frequency-domain transfer function for the pulse shaping 
filter, which is defined only at discrete frequencies as follows: 

[A k<k\ k>k" 
G[k] = \ 0 k = k\ k = k" 

{ B k' <k<k" , (10) 

20 where k G [0, 1(K + P) — 1] is a frequency domain index, representing the 

T(K + P) number of discrete frequency-domain tones in the range [ — ^ 7 ^], where F s 
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is the sampling frequency used after introducing oversampling for the sake of more 
accurate peak-capture. Clearly, G[k] complies with the requirements of Table 1, 
when using an appropriate choice of the values k' and k". Furthermore, the discrete- 
frequency pulse-shaping filter transfer function G[k] has a single-sample pass-band. 
5 The impulse response corresponding to this transfer function can be obtained by 
inverse Fourier transforming G[k] and is given by: 

1 (*+p)/-i kl 

M = mnv S G[k] ^wrwr (ii) 

where again, K is the number of subcarriers, P is the number of samples in 
10 the cyclic prefix and / is the previously introduced oversampling factor. 

The discrete-frequency transfer function G[k] is infinitely steep, having an 
infinite-duration impulse response g[l]. In order to minimize the complexity of the 
filtering procedure, we intend to keep the filter's order to a minimum. However, it is 
also desirable to mitigate the effects of the frequency-domain Gibbs oscillation 
15 imposed by using a low-order FIR filter. In order to strike a trade-off, we multiplied 
the FIR filter's impulse response by a time-domain windowing function, yielding: 



f[l]=g[l)-w[l] > (12) 
where /[/] is the desired FIR filter's impulse response and w[l] is the time- 
20 domain windowing function. In the frequency-domain the resultant FIR filter transfer 
function can be expressed as a convolution of G[k] with the frequency response 
W[k] of the windowing function, yielding: 

M-l 

F[k] = £ G[k~m]W[k] . 

m=0 (13) 

25 Let us now focus our attention on the choice of the windowing function. Since 

according to Eq. 10 G[k] has a single-sample pass-band, the bandwidth of the 

resultant FIR filter's pass-band will be equal to the bandwidth of the windowing 

function's spectral-domain main lobe. Therefore, the requirements detailed in Table 1 
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apply to the bandwidth of the windowing function's spectral-domain main lobe. 
Furthermore, as defined in Table 1, the stop-band attenuation of the filter should be at 
least B dB, which imposes an additional restriction on the windowing function's 
spectral side-lobe attenuation. Thus, the frequency response of the desired windowing 
function should comply with the following requirements: 

1 . Have a main-lobe bandwidth of less than A/. 

2. Exhibit a side- lobe attenuation of at least B dB. 

A specific windowing function, which was found to be the most suited one for 
our system is the Kaiser windowing function [31] given by: 



where J 0 is a zero-order modified Bessel function [32] and L is the time- 
domain window duration expressed in samples. The parameter a is specified by the 
required frequency domain side-lobe attenuation, i.e. by the filter design parameter B 
of Figure 5. Since the windowing function and the parameter a have been 
appropriately selected, the minimum window duration L and the associated minimum 
shaping FIR filter order are defined by the required bandwidth Af of the main-lobe of 
the windowing function's frequency response. 

For the specific example of the DVB-T system described below, the resultant 
filter's Kaiser- windowed impulse response can be seen in Figure 6, while the 
corresponding frequency-domain transfer function is represented in Figure 7. The 
Kaiser window used in this particular case invoked a = 8. 

Application Example 

Let us now consider a practical application of the proposed PAPR reduction 
technique in the context of the Pan-European terrestrial video broadcast system known 
as DVB-T [33]. The corresponding system parameters are summarized in Table 2. 

Table 2: DVB-T system parameters [33]. 




(14) 
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Mode 


2K 


Channel bandwidth 


6 MHz 


Number of carriers K 


1705 


OFDM symbol duration T v 


298.667 jis 


Carrier spacing 1/Ty 


3.3482 kHz 


Effective bandwidth (K -\)/T v 


5.71 MHz 



The out-of-band emission requirements for this application are imposed by the 
Federal Communications Commission (FCC) defined [30] spectral mask, which can 
5 be seen in Figure 5. (The original out-of-band emission specifications for DVB-T are 
defined b y t he E TSI [ 33], h owever w e u sed t he c losely-related FCC spectral mask 
[30], which is somewhat more stringent.) 

A standard RF PA back-off of l2dB was defined by the DVB-T specifications, 
which allows the transmission of the DVB-T OFDM signal without violation of the 

10 FCC spectral mask. On the other hand, transmission with a power back-off below 
12dB results i n v iolating t he FCC requirements. F or example the spectrum of the 
DVB-T signal transmitted at a 6dB power back-off can be seen in Figure 8. However, 
if the proposed PAPR reduction scheme is employed, transmission at 6dB back-off 
can be carried out without any FCC spectral mask violation, as evidenced by Figure 8. 

15 As expected, the waveform shape of the original OFDM signal was slightly distorted, 
when subtracting the filtered clipping signal (see Figure 4), inflicting a moderate 
spectral regrowth, which can be observed in Figure 8. However, most of the spectrum 
of the clipping signal was concentrated within the spectral gap between the edge of the 
information carrying subcarriers and the FCC spectral mask of Figure 5. 

20 As previously stated, a certain fraction of the clipping signal's power falls 

within the information carrying OFDM signal's bandwidth. However, the associated 
Signal-to-Noise Ratio (SNR) is controlled by the parameter A defined in Eq. 10 and 
Figure 5. In this particular case A was set to 30dB, which implies that a minimum 
SNR of 30dB was maintained. Thus, the clipping-induced degradation of the Bit 
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Error Rate (BER) performance may be considered insignificant. For example, when 
an Additive White Gaussian Noise (AWGN) source having an SNR level of 40dB was 
employed, the SNR detected at the receiver was found to be 32dB. 

In summary, the pulse-sequence shaping filter employed in this particular 
application was designed following the approach represented above. The resultant 
filter's impulse response was shown in Figure 6, while the corresponding frequency- 
domain t ransfer f unction w as d epicted i n F igure 7 . W e h ave d emonstrated that the 
proposed method is appealing both in terms of its PAPR-reduction performance and 
its simplicity of implementation. 
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